In this paper, we address the issue of how the perception of disordemess in selected types of speech disorders may be comlated with the abnormal articulatory saucture and with the related acoustic properties. As a first step towards this end we have developed an articulatory synthesizer based on frequencydomain simulation of vocal-tract wave propagation. The synthesizer has been implemented by three numerical methods -Runge-Kutta, ABCD matrix, and Finite difference, which provide frequencydomain solutions to the transmission-line equation characterizing a lossy vocal tract. The synthesizer is applied in preliminary aptrimenu where the synthesizer's outputs are used to match samples from a corpus of steady-state speech sound, obtained from a dysarthric speaker, uttered in the /hV/ context.
INTRODUCTION
The object of this study is to improve understanding of the articulatory correlate(s) and the related acoustic propaties associated with selected speech disorden. While listeners may distinguish disordered speech from n o d spcech quite readily, studies have as yet failed to identify the acoustical factors underlying these perceived distinctions. We hypothesize that an improved understanding of the perceived differences between samples of some types of disordered speech and normal speech may come from studies of differences in the articulatory structures and in the articulatory-to-acoustic relations.
Reported in this paper is a first step towards examining the above hypothesis by developing a specialized articulatory synthesizer capable of simulating certain aspects of disordered (as well as normal) speech. The design of the syntheslzer has been based on frequency-domain simulation of vocal-tract wave propagation. The articulatory synthesizer is implemented by three numerical methods -Runge-Kutta approach, ABCD matrix approach, and finite difference approach, which provide frequency-domain solutions for In the present paper, we focus on studying steady-state speech sounds in the /hV/ environment, obtained from a dysarthric speaker. The applications of our results are pnmarily to understanding the effects of speech disorders on speech acoustics and on the perceived quality of speech. The work also has implications for understanding the interaction between speech production disorders and speech coding methods which have been designed and evaluated using only normal speech. As such, these results are expected to assist in the design of future systems for convening disordered speech samples into speech which is perceived as being more like normal speech.
VOCAL-TRACT WAVE PROPAGATION
Sound waves are created by vibration and are propagated in air through the msmission system. The vocal tract is a non-uniform acoustic tube which begins at the opening between the vocal cords, or glottis, and ends at the lips. A set of linear partial-differential equations characterizing the acoustic wave propagation in a nonuniform vocal tract system can be found in Since the vocdnasal tracts constitute lossy tubes of non-uniform cross-sectional area, it is conventional to bnak up the tracts into a number of contiguous cylindrical sections so that the sound waves in each section satisfy Eqn.
(1).
If the vocal tract configuration is constrained to be quasi-static (over a short period of time which we call a h e ) , then the steady-state solution to the vocal tract transmission equations can be obtained by transforming the equations to the frequency domain. Express the variation in sound pressure p(z, t) and the variation in volume velocity flow U(=, t) for a complex exponential excitation directly
(2) where w is angular frequency and j is the imaginary unit. Substituting these solutions into Eqn.(l) gives the ordinary differential equations relating the complex amplitudes
The boundary conditions are (in an ideal case)
FREQUENCY-DOMAIN SOLUTIONS
In the following, we will present three numerical integration approaches, with tradeoffs between computation efficiency and simulation accuracy, to solve Eqn.(3) with boundary conditions given by Eqns. (4) and (9) for arbitrary vocal tract area functions. Such solutions provide considerable insights into the nature of the speech production process and of the spectral properties of the speech signal. For purposes of simplifying the writing, we will use the following notations: PO = P(O,w), UO = U(0,w). P = P(z,w), U = U ( z , w ) , PJ = P(1, w ) and UI = U(1, w).
Runge-Kutta approach
Solving Eqn.(3) with boundary conditions given by (4) and (9) is a two-point-boundary-value (TPBV) problem. Since initial value U 0 and boundary value P z are known, we first transform the TPBV problem to an initial-value problem, i.e.. to obtain the initial value PO. The boundary conditions (4) and (9) can be expressed in the standard form as For notational convenience, we note that in Eqn.(l4), eL1 is a 2x2 ma&. Thmfore, let [ : ] =~L J .
Then by
YgPo + U 0 = U, (18) we obtain the following relations Note that the matrix eLr can represent any portion of the tract, of any length or variable cross-sectional area-Therefore any portion of the tract is obtained by multiplying the mamces n e L i r i , i = 1, ..., N for the sequence of elementary homogeneous segments comprising i t
ABCD matrix approach
The characteristics of sound propagation in the vocal tract tube can be described by drawing upon the elementary electrical theory. 18). Again, the ABCD matrix can represent any portion of the tract, of any length or variable cross-sectional area. Therefore the cross-sectional area function is computed at some finite number of points N and the tube approximated as a concatenation of piecewise constant segments. The chain matrix for any portion of the tract is then obtained by multiplying the 2 x 2 mamces for the sequence of elementary homogeneous segments comprising it.
Finite difference approach
The differential equations are first msformed to a set of finite-difference equations. Given the length I of the vocal tract, the glottis located at z = 0, and the mouth located at z = I, we seek the acoustic pressure and volume velocity at N equally spaced points (k = 0 , 1, ..., N -1) on the 
SIMULATION RESULTS
The vocal system is characterized by a set of resonances (formants) that depend primarily upon the vocal tract area function. when the area function A(x), the wall impedance, and the loss parameters of the vocal tract are specified, we can compute the speech signal for a variety of sounds with a source of either a quasi-periodic pulse 'This approach is identical to that used to solve the basilar membrane
waveform or a random noise waveform. In OUT current early stage of the study, we used the synthetic pulse waveform of the form [7] = cos(*(n -NI)/") N I 5 n 5 N I + N2
= o
otherwise.
The synthesized speech signal in the frequency domain is obtained bv when G(s) is the Laplace transform of g(n). The inverse Laplace aansform of S(1,s) gives the timedomain synthesized speech signal. In our simulation experiments, according to detailed analysis of the "target" samples of the disordered speech utterances, the spacings and shapes of the g l o w pulses arc permrbed and some imgulariaes or noise are added. This potentially allows us to appximate the synthesizer's output to the jittering or shimmering types of the speech disorder. Fig. 1 shows one simple example of the target utterance with speech disorder. The utterance is [hi:d] heed from a speaker A comparison between the spectrogram of the utterance shown in Fig.1 
SUMMARY AND CONCLUSIONS
This paper reports our preliminary efforts devoted to understanding the possible articulatory and acoustic correlates of the perception of the disordcxtd speech quality. We have described in detail the tools of specialized articulatory synthesis already developed that would enable us to tackle the problem. Among the three methods (RungeKutfa, ABCD matrix, and Finitedifference) for implementing the frequency-domain synthesizer by finding numerical solutions to the transmission-line equation characterizing the vocal tract, the finitedifference solution appears to best balance the mdeoffs between computation efficiency and simulation accuracy.
W e at the early stage of the study, we have I U I I a version of the synthesizer aimed at matching samples from a corpus of steadysate speech sounds ncored from a dysarthric speaker. By performing detailed acoustic analysis on the disordered speech, we have been able to manipulate the vocal-tract area €unction and the wrcitation waveform characteristics so as to gradually improve the similarity beween the synthetic speech and the target speech, both in the quality of perception and in the spectrographic display. progresses of this research will lie in refinement of the ahculatoxy synthesis tool and in detailed examination of the synthesizer parameters responsible for producing sounds of the disordd quality. Our experiences also suggest that there is a strong need to develop semi-automatic approaches to aid selection of the synthesizer parameters, from which further fine modifications of the parameters will quickly lead to synthesis of the sounds close to the target one containing a quality of disordemess.
